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Claims 

What is claimed is: 

1 . A multi-channel audio amplifier system comprising: 

a plurality of audio amplifier channels, wherein each channel includes 

a sample rate converter configured to receive samples of an input audio 
data stream, store the samples in an input buffer, retrieve samples 
from the input buffer, and convert the samples to a re-sampled 
audio data stream, and 

a buffer management unit coupled to the input buffer and configured to 
maintain a write pointer indicating a position in the input buffer to 
which a next sample will be written and a read pointer indicating a 
position in the input buffer from which a next sample will be read, 
wherein the buffer management unit is configured to determine an 
actual difference between the values of the read and write pointers, 
wherein the buffer management unit is further configured to control 
reads from the input buffer to achieve a target difference between 
the values of the read and write pointers; 
wherein for a first one of the channels, the target difference comprises a 

predetermined value; and 
wherein for the remainder of the channels, the target difference comprises the 

actual difference between the values of the read and write pointers of the 

first one of the channels. 

2. The system of claim 1 , further comprising an interconnect between the sample 
rate converter of the first one of the channels and the remainder of the channels, 
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wherein the interconnect conveys the actual difference between the values of the read 
and write pointers of the first one of the channels to the remainder of the channels. 

3. The system of claim 1 , wherein each sample rate converter further comprises a 
phase selection unit coupled to the buffer management unit, wherein a phase output 
signal of the phase selection unit is transmitted to the buffer management unit and 
wherein the phase output signal controls reads from the input buffer. 

4. The system of claim 3, wherein each sample rate converter further comprises a 
rate estimator counter, wherein the rate estimator counter is configured to provide a 
sample rate count to a low pass filter, wherein the low pass filter is configured to filter 
the sample rate count and to provide the filtered sample rate count to the phase 
selection unit, and wherein the phase selection unit is configured to generate the phase 
output signal based upon the filtered sample rate count. 

5. The system of claim 4, wherein the buffer management unit is configured to 
transmit an error signal to the low pass filter and wherein the low pass filter is 
configured to use the error signal as an offset to the sample rate count. 

6. The system of claim 5, wherein each sample rate converter further comprises a 
polyphase coefficient interpolator configured to receive the phase output signal from the 
phase selection unit and to generate a set of interpolated filter coefficients based on the 
phase output signal. 

7. The system of claim 5, wherein each sample rate converter further comprises a 
convolution unit configured to receive samples from the input buffer and sets of filter 
coefficients from the polyphase coefficient interpolator and to convolve the samples with 
the sets of filter coefficients. 
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8. A method comprising: 

determining a difference between values of a read pointer and a write pointer in 

each of a plurality of buffers; 
controlling reads from a first one of the buffers to drive the difference between 

the corresponding read and write pointers to a predetermined value; and 
controlling reads from each of the remaining buffers to drive the difference 

between the corresponding read and write pointers to the difference 

between the read and write pointers of the first buffer. 

9. The method of claim 8, 

wherein the method is implemented in a multi-channel audio amplification 
system; 

wherein each buffer comprises an input buffer in a sample rate converter for one 
of a plurality of channels; and 

wherein the method further comprises, for each channel, writing samples of a 
corresponding input audio data stream to the buffer, reading samples out 
of the buffer, convolving the samples with sets of polyphase filter 
coefficients, and producing samples of an output audio data stream. 

10. The method of claim 8, wherein the method is implemented in a plurality of 
sample rate controllers. 

1 1 . The method of claim 10, wherein the buffers comprise input buffers of the sample 
rate controllers. 

12. The method of claim 10, wherein each sample rate controller is implemented in a 
channel of a multi-channel audio amplification system. 
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13. The method of claim 8, further comprising transmitting the difference between the 
read and write pointers of the first one of the buffers from a buffer management unit in 
the first one of the buffers to buffer management units in the remainder of the buffers. 

14. A system comprising: 

a plurality of buffers, including a master buffer and one or more slave buffers; 
wherein each buffer has a corresponding 

write pointer indicating a position in the input buffer to which a next 

received value will be written, 
read pointer indicating a position in the input buffer from which a next 

output value will be read, and 
controller configured to determine an actual differential between the read 
and write pointers and to control reads from the input buffer to 
achieve a target differential between the read and write pointers; 
wherein for the master buffer, the target differential comprises a predetermined 
value; and 

wherein for the slave buffers, the target differential comprises the actual 
differential between the read and write pointers of the buffer. 
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